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ECHO SUPPRESSION

RELATED APPLICATION

This application claims priority under 35 USC 119 or 365
to Great Britain Application No. 1223241.9 filed Dec. 21,
2012, the disclosure of which is incorporate in its entirety.

BACKGROUND

A device may have audio input apparatus that can be used
to receive audio signals from the surrounding environment.
The device may also have audio output apparatus that can be
used to output audio signals to the surrounding environment.
For example, a device may have one or more speakers for
outputting audio signals and one or more microphones for
receiving audio signals. Audio signals which are output from
the speaker(s) of the device may be received as “echo” in the
audio signal received by the microphone(s). It may be the case
that this echo is not desired in the received audio signal. For
example, the device may be a user device (such as a mobile
phone, tablet, laptop, PC, etc) which is used in a communi-
cation event, such as an audio or video call, with another user
device over a network. Far-end signals of the call may be
output from the speaker at the user device and may be
received as echo in the audio signals received by the micro-
phone at the device. Such echo can be disturbing to users of
the call, and the perceived quality of the call may be reduced
due to the echo. In particular, the echo may cause interference
for near-end audio signals which are intended to be received
by the microphone and transmitted to the far-end in the call.
Therefore echo cancellation and/or echo suppression may be
applied to the received audio signals to thereby suppress the
echo in the received audio signal. The power of the echo in the
received audio signal may vary depending upon the arrange-
ment of the user device. For example, the user device may be
a mobile phone and in that case, the power of the echo in the
received audio signal would normally be higher when the
mobile phone is operating in a “hands-free”” mode compared
to when the mobile phone is not operating in a “hands-free”
mode.

Echo cancellation (or “echo subtraction™) techniques aim
to estimate an echo signal included in the audio signal
received at the microphone, based on knowledge of the audio
signal which is output from the speaker. The estimate of the
echo signal can then be subtracted from the received audio
signal thereby removing at least some of the echo from the
received audio signal. Echo suppression is used to apply
frequency-dependent suppression to the received audio signal
to thereby suppress the echo in the received audio signal. In
order for echo suppression to be implemented effectively, an
echo suppressor needs to have an accurate estimate of the
power of the echo in the received audio signal.

SUMMARY

This Summary is provided to introduce a selection of con-
cepts in a simplified form that are further described below in
the Detailed Description. This Summary is not intended to
identify key features or essential features of the claimed sub-
ject matter, nor is it intended to be used to limit the scope of
the claimed subject matter.

There is provided a method of suppressing echo in a
received audio signal. As part of the echo suppression, an
estimate of the echo power of the echo is determined using a
power response which is determined from a Finite Impulse
Response (FIR) filter that is adapted to approximate the
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impulse response of the echo path. That is, a Finite Impulse
Response filter estimate N(t) is dynamically adapted in the
time domain based on the outputted audio signal and the
received audio signal to thereby model the impulse response
of the echo path h(t) of the echo in the received audio signal.
At least one power response is determined from the filter
estimate (t). The power response(s) is(are) used to estimate
the echo power of the echo in the received audio signal, and
the estimated echo power is used to apply echo suppression to
the received audio signal, thereby suppressing the echo in the
received audio signal.

The method may be used in a call (e.g. a call implementing
voice over internet protocol (VoIP) to transmit audio data
between user devices) in which case the outputted audio
signal may be a far-end signal received from the far-end of the
call, and the received signal includes the resulting echo and a
near-end signal for transmission to the far-end of the call.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a schematic illustration of a communication
system in accordance with one or more embodiments;

FIG. 2 is a schematic block diagram of a user device in
accordance with one or more embodiments;

FIG. 3 is a functional diagram showing modules of a user
device for use in echo suppression in accordance with one or
more embodiments; and

FIG. 4 is a flow chart for a process of suppressing echo in
accordance with one or more embodiments.

DETAILED DESCRIPTION

In order for echo suppression to be implemented effec-
tively, an echo suppressor needs to have an accurate estimate
of the power of the echo in the received audio signal. As
described herein, the echo power can be estimated using a
power response based on an FIR filter that is adapted to
approximate the impulse response of the echo path between a
loudspeaker outputting audio signals and a microphone
receiving audio signals including the echo resulting from the
outputted audio signals.

The FIR filter might only be used to estimate the echo
power (by determining a power response of the FIR filter and
then estimating the echo power using the power response),
and not to estimate the actual echo signal. This may be advan-
tageous because the requirements for accuracy in the FIR
filter are much less when used to estimate the echo power
compared to ifthe FIR filter is used to estimate the actual echo
signal. Therefore by estimating the echo power (rather than
the echo signal) from the FIR filter, echo suppression is more
robust to problems such as clock-drift between the playout
(e.g. from a loudspeaker) and recording sides (e.g. at a micro-
phone) in the VoIP client, nonlinearities in the echo path and
changes in the echo path. In embodiments described herein,
the FIR filter is adapted using time-domain data including
phase information.

FIG. 1 shows a communication system 100 comprising a
first user 102 (“User A”) who is associated with a first user
device 104 and a second user 108 (“User B”) who is associ-
ated with a second user device 110. In other embodiments the
communication system 100 may comprise any number of
users and associated user devices. The user devices 104 and
110 can communicate over the network 106 in the communi-
cation system 100, thereby allowing the users 102 and 108 to
communicate with each other over the network 106. The
communication system 100 shown in FIG. 1is a packet-based
communication system, but other types of communication
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system could be used. The network 106 may, for example, be
the Internet. Each of the user devices 104 and 110 may be, for
example, a mobile phone, a tablet, a laptop, a personal com-
puter (“PC”) (including, for example, Windows™, Mac
OS™ and Linux™ PCs), a gaming device, a television, a
personal digital assistant (“PDA”) or other embedded device
able to connect to the network 106. The user device 104 is
arranged to receive information from and output information
to the user 102 of the user device 104. The user device 104
comprises output means such as a display and speakers. The
user device 104 also comprises input means such as a keypad,
a touch-screen, a microphone for receiving audio signals
and/or a camera for capturing images of a video signal. The
user device 104 is connected to the network 106.

The user device 104 executes an instance of a communi-
cation client, provided by a software provider associated with
the communication system 100. The communication client is
a software program executed on a local processor in the user
device 104. The client performs the processing required at the
user device 104 in order for the user device 104 to transmit
and receive data over the communication system 100.

The user device 110 corresponds to the user device 104 and
executes, on a local processor, a communication client which
corresponds to the communication client executed at the user
device 104. The client at the user device 110 performs the
processing required to allow the user 108 to communicate
over the network 106 in the same way that the client at the user
device 104 performs the processing required to allow the user
102 to communicate over the network 106. The user devices
104 and 110 are endpoints in the communication system 100.
FIG. 1 shows only two users (102 and 108) and two user
devices (104 and 110) for clarity, but many more users and
user devices may be included in the communication system
100, and may communicate over the communication system
100 using respective communication clients executed on the
respective user devices.

FIG. 2 illustrates a detailed view of the user device 104 on
which is executed a communication client instance 206 for
communicating over the communication system 100. The
user device 104 comprises a central processing unit (“CPU”)
or “processing module” 202, to which is connected: output
devices such as a display 208, which may be implemented as
a touch-screen, and a speaker (or “loudspeaker”) 210 for
outputting audio signals; input devices such as a microphone
212 for receiving audio signals, a camera 216 for receiving
image data, and a keypad 218; a memory 214 for storing data;
and a network interface 220 such as a modem for communi-
cation with the network 106. The user device 104 may com-
prise other elements than those shown in FIG. 2. The display
208, speaker 210, microphone 212, memory 214, camera 216,
keypad 218 and network interface 220 may be integrated into
the user device 104 as shown in FIG. 2. In alternative user
devices one or more of the display 208, speaker 210, micro-
phone 212, memory 214, camera 216, keypad 218 and net-
work interface 220 may not be integrated into the user device
104 and may be connected to the CPU 202 via respective
interfaces. One example of such an interface is a USB inter-
face. If the connection of the user device 104 to the network
106 via the network interface 220 is a wireless connection
then the network interface 220 may include an antenna for
wirelessly transmitting signals to the network 106 and wire-
lessly receiving signals from the network 106.

FIG. 2 also illustrates an operating system (“OS”) 204
executed on the CPU 202. Running on top of'the OS 204 is the
software of the client instance 206 of the communication
system 100. The operating system 204 manages the hardware
resources of the computer and handles data being transmitted
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to and from the network 106 via the network interface 220.
The client 206 communicates with the operating system 204
and manages the connections over the communication sys-
tem. The client 206 has a client user interface which is used to
present information to the user 102 and to receive information
from the user 104. In this way, the client 206 performs the
processing required to allow the user 102 to communicate
over the communication system 100.

With reference to FIGS. 3 and 4 there is now described a
method of suppressing echo. FIG. 3 is a functional diagram of
a part of the user device 104 showing how an echo suppres-
sion process is implemented, and FIG. 4 is a flow chart for the
process of suppressing echo.

As shown in FIG. 3, the user device 104 comprises the
speaker 210, the microphone 212, a FIR filter module 302, a
power estimating module 304 and an echo suppression mod-
ule 306. A signal x(t) to be output from the speaker 210 is
coupled to an input of the speaker 210. It should be noted that
in the embodiments described herein there is just one speaker
(indicated by reference numeral 210 in the figures) but in
other embodiments there may be more than one speaker to
which the signal to be outputted is coupled (for outputting
therefrom). Similarly, in the embodiments described herein
there is just one microphone (indicated by reference numeral
212 in the figures) but in other embodiments there may be
more than one microphone which receive audio signals from
the surrounding environment. The signal to be output from
the speaker 210 is also coupled to a first input of a FIR filter
module 302 and to a first input of the power estimating mod-
ule 304. An output of the microphone 212 is coupled to a
second input of the FIR filter module 302 and to a first input
of the echo suppression module 306. An output of the FIR
filter module 302 is coupled to a second input of the power
estimating module 304. An output of the power estimating
module is coupled to a second input of the echo suppression
module 306. An output of the echo suppression module 306 is
used to provide the received signal (with echo suppression
having been applied) for further processing in the user device
104.

In step S402 a signal is received which is to be outputted
from the speaker 210. For example, the signal to be outputted
may be a far-end signal that has been received at the user
device 104 from the user device 110 during a call between the
users 102 and 108 over the communication system 100. Any
processing that is required to be performed on the received
signal (e.g. decoding using a speech codec, depacketizing,
etc) is performed as is known in the art (e.g. by the client 206)
to arrive at the signal x(t) which is suitable to be outputted
from the speaker 210. The signal x(t) is a digital signal. At
least some of the processing of the signal in the user device
104 prior to outputting the signal from the speaker 210 is
performed in the digital domain. As is known in the art, a
digital to analogue converter (DAC) is applied to the digital
signal x(t) before playout from the loudspeaker 210. Simi-
larly, an analogue to digital converter (ADC) is applied to the
signal captured by the microphone 212 to arrive at the digital
signal y(t).

In other embodiments, the signal to be outputted may be
received from somewhere other than over the communication
system 100 in a call. For example, the signal to be outputted
may have been stored in the memory 214 and step S402 may
comprise retrieving the signal from the memory 214.

In step S404 the audio signal x(t) is outputted from the
speaker 210. In this way the audio signal x(t) is outputted to
the user 102.

In step S406 the microphone 212 receives an audio signal.
As shown in FIG. 3 the received audio signal may include a
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near-end signal which is a desired signal or “primary signal”.
The near-end signal is the signal that the user 102 intends the
microphone 212 to receive. However, the received audio sig-
nal also includes an echo signal resulting from the audio
signals outputted from the speaker 210 in step S404. The
received audio signal may also include noise, such as back-
ground noise. Therefore, the total received audio signal y(t)
can be given by the sum of the near-end signal, the echo and
the noise. The echo and the noise act as interference for the
near-end signal.

The FIR filter module 302 takes as inputs the outputted
audio signal x(t) and the received audio signal y(t). In step
S408 the FIR filter module 302 dynamically adapts a FIR
filter estimate R(t) in the time domain based on the outputted
audio signal x(t) and the received audio signal y(t) to model an
echo path h(t) ofthe echo in the received audio signal y(t). The
“impulse response of the echo path h(t)” is also referred to
herein as the “echo path h(t)”.

For a fairly linear echo path, the echo path h(t) describes
how the echo in the received audio signal relates to the audio
signal x(t) output from the speaker 210, e.g. according to the
equation y*°(t)=2, _,~"h,()x(t-n), where y**°(t) is the
echo in the received audio signal y(t), N, is the number of
samples of the outputted signal x(t) which are received by the
microphone 212 and h,(t) are weights describing the echo
path h(t). The echo path h(t) may vary in both time and
frequency and may be referred to herein as h(t) or h(t,f). The
echo path h(t) may depend upon (i) the current environmental
conditions surrounding the speaker 210 and the microphone
212 (e.g. whether there are any physical obstructions to the
passage of the audio signal from the speaker 210 to the micro-
phone 212, the air pressure, temperature, wind, etc), and (ii)
characteristics of the speaker 210 and/or the microphone 212
which may alter the signal as it is outputted and/or received.

The FIR filter module 302 models the echo path h(t) of the
echo in the received audio signal by determining a weighted
sum of the current and a finite number (N) of previous values
of the outputted audio signal x(t). The FIR filter module 302
therefore implements an Nth order FIR filter which has a
finite length (in time) over which it considers the values of the
outputted audio signal x(t) in determining the estimate of the
echo path Ii(t). In this way, the FIR filter module 302 dynami-
cally adapts the FIR filter estimate h(t). The echo prediction
operation is described by the following equation, which
defines the echo in the received audio signal y(t) in terms of
the outputted audio signal x(t):

D=5, (Dx(t-n).

Therefore N+1 samples of the outputted audio signal x(t)
are used, with a respective N+1 weights f1,,(t). The set of N+1
weights ﬁngt) is referred to herein simply as the estimate of the
echo path h(t). In other words the estimate of the echo path
h(t) is a vector having N+1 values where the FIR filter module
302 implements an Nth order FIR filter, taking N+1 values
(e.g. N+1 frames) of the signal x(t) into account.

It can be appreciated that it is easier to adapt the FIR filter
estimate h(t) when the echo is a dominant part of the received
audio signal, that is when y(t)=y**(t). For example, in some
embodiments it may be possible to detect when the power of
the near-end signal is greater than the power of the echo (e.g.
when the user 102 is speaking), and whilst that is the case the
FIR estimate h(t) is not adapted, but when the power of the
near-end signal is less than the power of the echo in the
received audio signal y(t) (e.g. when the user 102 is not
speaking) the FIR estimate h(t) is adapted.
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However, it may be possible to adapt the FIR filter estimate
h(t) even when the echo is not a dominant part of the received
audio signal.

The FIR filter estimate h(t) is passed from the FIR filter
module 302 to the power estimating module 304. In step S410
the power estimating module 304 determines at least one
power response from the FIR filter estimate h(t). The power
response information is determined by analysing the FIR
filter estimate h(t). The power response (or “frequency
response”) gives an indication of the power response of the
echo path h(t) as a function of frequency.

In step S412 the power estimating module 304 estimates
the echo power of the echo in the received audio signal based
on the determined power response(s) determined in step S410
and based on the input signal x(t). Steps S410 and S412 might
not comprise estimating the echo signal y*?°(t) in the
received audio signal y(t). The echo power is estimated as a
function of time and frequency. In echo suppression a rather
low accuracy of the echo power estimate is sufficient to
achieve good echo suppression. According to methods
described herein the power response can be computed in a
way that is less sensitive to problems. Furthermore, the power
response can be estimated in a different way than the actual
echo path would be estimated. For example, the power
response for a frequency, f, may be computed using the esti-
mate of the FIR filter for that frequency, f. Alternatively or
additionally, the estimate of the FIR filter for the frequency, f,
may be used to compute the power response for a different
frequency, v, where v=f. In other words, the method may
include using an extrapolated echo path power response that
is computed for another frequency region than the one where
it is applied. In this sense, the power response is computed
based on the FIR filter estimate, although some extrapolation
may be required to determine the power response for a par-
ticular frequency. That is to say, an FIR filter estimate
obtained for a certain frequency region may be used to com-
pute a predicted (or extrapolated) power response estimate for
another frequency region, i.e., the power response used to
estimate the echo power is not necessary the power response
of'the FIR filter but could also be a power response (e.g. for a
different frequency region) that is computed based on the FIR
filter.

Inparticular, the FIR filter estimate h(t) has alength L in the
time domain. Step S410 comprises partitioning the FIR filter
estimate h(t) into a plurality (P) of partitions in the time
domain of length /P each. Each of the partitions of the FIR
filter estimate h(t) is transformed into the frequency domain
and squared to determine a respective power response 1A (D

2 in the frequency domain for each of the partitions. It can
therefore be appreciated that |1 (f)l2 is the frequency
response of partition p.

Step S412 comprises estimating the echo power of the echo
in the received audio signal by performing a weighted sum of
a plurality of measures of the power of a respective plurality
of frames of the outputted audio signal, wherein the weights
in the sum are given by respective ones of the power responses
L, (D)%

Therefore, the estimate of the echo power P (k, ) of the
echo in the received audio signal, for a frame k, can be
estimated in step S412 according to the equation:

P k=S, AN P X Ue—p /)P,

where 1 X(k-p, f)l2 is the power spectral density of the loud-
speaker signal for frame k—p. The frame index k is a measure
of the time, and as such P (k, ) can be rewritten to be a
function of time rather than of frame indices, to give the
estimate Ps(t f) of the echo power. Note that in order for the
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above equation to be correct, the lengths of the filter partitions
and loudspeaker signals used to compute IPAIp(f)I2 and IX(k-p,
)I? should be carefully selected in order to minimize circular
convolution effects. This selection is performed to ensure that
the lengths of the partition of h and the loudspeaker input
signal frame are properly matched to the length of the micro-
phone signal used to adapt the filter estimate h, and for which
the echo power is to be estimated. If each partition is of length
P, each loudspeaker (X) frame length is M, and each micro-
phone signal frame length is N, the typical requirement to
being able to avoid circular convolution effects is that N+P-
1<M. Although this selection is preferable, the methods
described herein will work regardless of the selection because
circular convolution effects are ignored in the methods.

In this way, the FIR filter estimate h(t), that has been
adapted using the speaker and microphone signals x(t) and
y(t) to approximate the time-varying echo path h(t) of the
VoIP client, is used to determine the power responses IHp(f)I2
which are then used, with the outputted audio signals x(t), to
estimate the power P(t, f) of the echo signal at time t and
frequency f.

The estimate P(t, f) of the echo power is output from the
power estimating module 304 and received by the echo sup-
pression module 306. The echo suppression module 306 also
receives the audio signal y(t) from the microphone 212. In
step S412 the echo suppression module 306 uses the estimate
P(t, f) of the echo power to apply echo suppression to the
received audio signal y(t), thereby suppressing the echo in the
received audio signal.

The estimate f’s(t, 1) of the echo power is frequency depen-
dent and the suppression applied by the echo suppression
module 306 is also frequency dependent.

The purpose of the echo suppressor is to suppress the
loudspeaker echo present in the microphone signal, e.g. in a
VoIP client, to a level sufficiently low for it not to be notice-
able/disturbing in the presence of the near-end sounds (non-
echo sounds) picked up by the microphone 212. In order to be
able to choose the proper amount of echo suppression a good
estimate of the echo power (e.g. as a function of frequency
and time) is needed, and as described above this is provided to
the echo suppression module 306 by the power estimating
module 304. The echo suppression module 306 is designed to
apply signal dependent suppression that varies both over time
and frequency to the received audio signal y(t). Echo suppres-
sion methods are known in the art. Furthermore, the echo
suppression method applied by the echo suppression module
306 may be implemented in different ways. As such, the exact
details of the echo suppression method are therefore not
described in detail herein.

The echo suppression module 306 outputs the received
signal, with the echo having been suppressed, for further
processing at the user device 104. For example, the signal
output from the echo suppression module 306 may be pro-
cessed by the client 206 (e.g. encoded and packetized) and
then transmitted over the network 106 to the user device 110
in a call between the users 102 and 108. Additionally or
alternatively, the signal output from the echo suppression
module 306 may be used for other purposes by the user device
104, e.g. the signal may be stored in the memory 214 or used
as an input to an application which is executing at the user
device 104.

There is therefore described herein the use of power
response information obtained by analysing the FIR filter that
has been adapted in the time-domain, to model the power of
the echo signal in frequency bands for the purpose of com-
puting and applying an echo suppression effect/filter (e.g. for
use by the VoIP client 206).
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Inthe embodiments described above, the echo suppression
is implemented in a VoIP system (e.g. the received audio
signal may include speech of the user 102 for transmission to
the user device 110 during a call between the users 102 and
108 over the communication system 100). However, the echo
suppression methods described herein can be applied in any
suitable system in which echo suppression is to be applied.

In the embodiments described above, and shown in the
Figures, echo cancellation (or “echo subtraction”) is not
applied to the received audio signal y(t). That is, there is no
echo cancellation module in the user device 104 and the echo
suppression is applied to the received audio signal y(t) with-
out a prior step of applying echo cancellation to the received
audio signal y(t).

However, in other embodiments, echo cancellation may be
applied, by an echo cancellation module, to the received
audio signal y(t). In particular, the echo suppression applied
by the echo suppression module 306 may be applied down-
stream of (i.e. after) the echo cancellation in the processing of
the received audio signal y(t). The echo cancellation module
would subtract an estimate of the echo signal from the
received audio signal, but due to inaccuracies in the estimate
of'the echo signal, a residual echo would most-likely remain
in the received audio signal. It is the residual echo that would
then be suppressed by the echo suppression module 306. This
echo suppression could be applied in the same way as
described herein in the embodiments in which no echo can-
cellation is applied. If echo subtraction is used, the effect of it
can be taken into account in the echo suppression.

The methods described herein may be implemented by
executing a computer program product (e.g. the client 206) at
the user device 104. That is, a computer program product may
be configured to suppress echo in the received audio signal
y(t), wherein the computer program product is embodied on a
computer-readable storage medium (e.g. stored in the
memory 214) and configured so as when executed on the CPU
202 to perform the operations of any of the methods described
herein.

Generally, any of the functions described herein (e.g. the
functional modules shown in FIG. 3 and the functional steps
shown in FIG. 4) can be implemented using software, firm-
ware, hardware (e.g., fixed logic circuitry), or a combination
of these implementations. The modules and steps shown
separately in FIGS. 3 and 4 may or may not be implemented
as separate modules or steps. For example, the echo suppres-
sion module 306 may perform the function of the power
estimating module 304, such that a separate power estimating
module 304 is not required in addition to the echo suppression
module 306. The terms “module,” “functionality,” “compo-
nent” and “logic” as used herein generally represent software,
firmware, hardware, or a combination thereof. In the case of
a software implementation, the module, functionality, or
logic represents program code that performs specified tasks
when executed on a processor (e.g. CPU or CPUs). The
program code can be stored in one or more computer readable
memory devices. The features of the techniques described
herein are platform-independent, meaning that the techniques
may be implemented on a variety of commercial computing
platforms having a variety of processors.

For example, the user devices may also include an entity
(e.g. software) that causes hardware of the user devices to
perform operations, e.g., processors functional blocks, and so
on. For example, the user devices may include a computer-
readable medium that may be configured to maintain instruc-
tions that cause the user devices, and more particularly the
operating system and associated hardware of the user devices
to perform operations. Thus, the instructions function to con-
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figure the operating system and associated hardware to per-
form the operations and in this way result in transformation of
the operating system and associated hardware to perform
functions. The instructions may be provided by the computer-
readable medium to the user devices through a variety of
different configurations.

One such configuration of a computer-readable medium is
signal bearing medium and thus is configured to transmit the
instructions (e.g. as a carrier wave) to the computing device,
such as via a network. The computer-readable medium may
also be configured as a computer-readable storage medium
and thus is not a signal bearing medium. Examples of a
computer-readable storage medium include a random-access
memory (RAM), read-only memory (ROM), an optical disc,
flash memory, hard disk memory, and other memory devices
that may us magnetic, optical, and other techniques to store
instructions and other data.

Although the subject matter has been described in lan-
guage specific to structural features and/or methodological
acts, it is to be understood that the subject matter defined in
the appended claims is not necessarily limited to the specific
features or acts described above. Rather, the specific features
and acts described above are disclosed as example forms of
implementing the claims.

The invention claimed is:

1. A method of suppressing echo, the method comprising:

outputting an audio signal;

receiving an audio signal, wherein the received audio sig-

nal includes an echo resulting from said outputted audio
signal;
dynamically adapting a Finite Impulse Response filter esti-
mate () in the time domain based on the outputted
audio signal and the received audio signal to model an
echo path h(t) of the echo in the received audio signal;

determining at least one power response from the filter
estimate h(t);

using the determined at least one power response to esti-
mate the echo power of the echo in the received audio
signal; and

using the estimated echo power to apply echo suppression

to the received audio signal, thereby suppressing the
echo in the received audio signal.
2. The method of claim 1 wherein said at least one power
response comprises a plurality of power responses and said
determining a plurality of power responses comprises:
partitioning the determined filter estimate h(t) into a plu-
rality of P partitions in the time domain; and

transforming and squaring each of the partitions of the
filter estimate D(t) to determine a respective power
response Iﬁp (D)I? in the frequency domain for each of the
partitions.

3. The method of claim 2 wherein the echo power of the
echo in the received audio signal is estimated by performing
a weighted sum of a plurality of measures of the power of a
respective plurality of frames of the outputted audio signal,
wherein the weights in the sum are given by respective ones of
the power responses Iﬁp(f)lz.

4. The method of claim 3 wherein the echo power P (k.f) of
the echo in the received audio signal, for a frame k, is esti-
mated according to the equation:

Bk P2t (NP X Ge-p NI,

where IX(k-p,f)I? is the power spectral density of the out-
putted signal for frame k—p.
5. The method of claim 2 wherein the filter estimate has a
length L in the time domain and each of the P partitions has a
length L/P in the time domain.
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6. The method of claim 1 wherein said echo suppression is
applied to the received audio signal without a prior step of
applying echo cancellation to the received audio signal.

7. The method of claim 1 wherein said step of using the at
least one determined power response to estimate the echo
power of the echo does not comprise estimating a signal of the
echo in the received audio signal.

8. The method of claim 1 further comprising applying echo
cancellation to the received audio signal, wherein said echo
suppression is applied downstream of the echo cancellation in
the processing of the received audio signal.

9. The method of claim 1 wherein said echo suppression
which is applied to the received audio signal is signal depen-
dent suppression that varies over time and frequency.

10. The method of claim 1 wherein the method is per-
formed at a user device for use in a communication event, and
wherein the received audio signal comprises speech of a user
for transmission from the user device in the communication
event.

11. The method of claim 10 wherein the communication
event is a voice-over-internet-protocol (VoIP) call.

12. The method of claim 11 wherein the outputted audio
signal comprises far-end speech signals of the VoIP call
which are included in the echo in the received audio signal.

13. A device configured to implement echo suppression,
the device comprising:

audio output apparatus configured to output an audio sig-

nal;

audio input apparatus configured to receive an audio sig-

nal, wherein the received audio signal includes an echo
resulting from said outputted audio signal;

a filter estimating module configured to dynamically adapt

a Finite Impulse Response filter estimate fi(t) in the time
domain based on the outputted audio signal and the
received audio signal to model an echo path h(t) of the
echo in the received audio signal;

apower estimating module configured to determine at least

one power response from the filter estimate hi(t) and to
use the determined at least one power response to esti-
mate the echo power of the echo in the received audio
signal; and

an echo suppression module configured to use the esti-

mated echo power to apply echo suppression to the
received audio signal, thereby suppressing the echo in
the received audio signal.

14. The device of claim 13 wherein the audio output appa-
ratus comprises a speaker configured to output the outputted
audio signal, and wherein the audio input apparatus com-
prises a microphone configured to receive the received audio
signal.

15. The device of claim 13 wherein the device does not
comprise an echo cancellation module configured to apply
echo cancellation to the received audio signal.

16. The device of claim 13 further comprising an echo
cancellation module configured to apply echo cancellation to
the received audio signal, wherein said echo suppression
module is arranged to be applied downstream of the echo
cancellation module in the processing of the received audio
signal.

17. The device of claim 13 wherein said at least one power
response comprises a plurality of power responses and
wherein said power estimating module is configured to deter-
mine the plurality of power responses from the determined
filter estimate O(t) by:

partitioning the filter estimate h(t) into a plurality of P

partitions in the time domain; and
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transforming and squaring each of the partitions of the
filter estimate h(t) to determine a respective power
response |H,,(f) 2 in the frequency domain for each of the
partitions.

18. The device of claim 17 wherein said power estimating
module is configured to estimate the echo power P, (k, f) of the
echo in the received audio signal, for a frame k, according to
the equation:

P N=Z, B (NP X ep NP,

where IX(k—p,)I? is the power spectral density of the output-
ted signal for frame k—p.

19. The device of claim 17 wherein the filter estimate has a
length L in the time domain and each of the P partitions has a
length L/P in the time domain.

20. A computer program product configured to suppress
echo in a received audio signal, the computer program prod-
uct being embodied on one or more computer-readable
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memory storage hardware devices and configured to, respon-
sive to execution by at least one processor, perform operations
comprising:
outputting an audio signal;
receiving an audio signal, wherein the received audio sig-
nal includes an echo resulting from said outputted audio
signal;
dynamically adapting a Finite Impulse Response filter esti-
mate h(t) in the time domain based on the outputted
audio signal and the received audio signal to model an
echo path h(t) of the echo in the received audio signal;
determining at least one power response from the filter
estimate h(t);
using the determined at least one power response to esti-
mate the echo power of the echo in the received audio
signal; and
using the estimated echo power to apply echo suppression
to the received audio signal, thereby suppressing the
echo in the received audio signal.

#* #* #* #* #*



